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(57) Abstract: In a hearing aid signal processor with AGC in at least three processing channels (a, B, C) for different frequency 
bands and with noise squelching capability to affect the gain control in at least a lowest frequency band (A) and one intermediate 
^ frequency band (B) speech signals components in the intermediate frequency band of an input signal including background noise are 
£^ intensified by estimation of the content of speech signal components in at least the highest frequency band (C) and modification of 
^ the gain adjustment caused by noise squelching in the intermediate frequency band (B) to reduce the noise squelching. 
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Method and signal processor for intensification of 
speech signal components in a hearing aid. 

The present invention relates to a method for 
5 intensification of speech signals components in a 
hearing aid input signal including background noise, 
comprising the steps of classifying said input signal 
into at least three frequency bands comprising at least 
one higher frequency band, a lowest frequency band and 

10 at least one frequency band intermediate said higher 
frequency band and said lowest frequency band, estimat- 
ing the level of background noise in said lowest 
frequency band and at least one intermediate frequency 
band and adjusting the gain in said lowest and said one 

15 intermediate frequency bands in response to the esti- 
mated level of background noise to provide squelching 
of said background noise. 

In WO 99/34642 a hearing aid having a signal 
processor with multiple processing channels is dis- 

2 0 closed, in which dynamic automatic gain control is 
effected by detection of the input sound level and/or 
the output sound level and adapting the output sound 
level in response to the detected sound level by con- 
trolling the gain in each processing channel towards an 

25 actually desired value of the output sound level. The 
gain control is effected at increases and decreases, 
respectively, of the input sound level by adjusting the 
gain towards the desired value with an attack time and 
a release time, respectively, which in response to the 

30 detected sound level are adjusted to a relatively short 
duration providing fast gain adjustment at high input 
and/or output sound levels and to a relatively long 
duration providing slow gain adjustment at low input 
and/or output sound levels. 

35 In a practical implementation of this prior art 
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hearing aid the dynamic gain control is effected partly 
on the basis of the momentary sound input received by 
the hearing aid, partly on the basis of a statistical 
analysis of the sound level within a time window 
5 extending 20 to 30 seconds back in time. The actual 
gain adjustment is calculated by a complex algorithm to 
determine the actual gain control in each channel and 
the rate of control. 

This dynamic gain control has appeared to offer 

10 significant advantages compared to known AGC methods 
for hearing aid gain control. At low sound levels, at 
which the transfer function provides a compressor cha- 
racteristic and the reproduced sound is sensitive to 
pumping or vibrating sound effects at varying gain the 

15 sound will be controlled with long attack and release 
times, whereas at high sound levels at which the repro- 
duced sound approaches the clipping or pain threshold 
the sound will be controlled with short attack and re- 
lease times . 

20 This prior art hearing aid has moreover been im- 

plemented with an effective noise suppression based on 
detection of the contents of speech and noise in each 
processing channel. In the absence of noise, the noise 
suppression or noise squelching is not effective, whe- 

25 reas at the occurrence of heavy noise in a frequency 
band the gain adjustment otherwise resulting from the 
dynamic gain control is modified towards a reduced 
gain. Thereby, the advantage is obtained that use of 
the hearing aid in a noisy environment in a relatively 

30 long time is made possible without causing unacceptable 
discomfort to the user. 

In general, the use of temporary noise suppression 
or noise squelching in hearing aids or similar devices 
has been disclosed in several prior art publications. 

35 US-A-4, 630, 302 discloses a method and apparatus 



WO 01/26418 



PCT/DK99/00531 



3 

for aiding hearing with an automatic gain control unit 
having a first section for increasing the amplitude of 
input signal segments below a threshold level and a 
second section for reducing the amplitude of input 
5 signal segments above the threshold level. A noise 
suppressor unit having a long attack time and a short 
release time is responsive to the output from the 
second section of the automatic gain control unit and 
has a threshold level of operation below the threshold 

10 level of the automatic gain control unit to pass speech 
signals and squelch background noise signals between 
speech signal segments . 

In US-A-4, 852 , 175 a hearing aid signal processing 
system is disclosed, in which noise squelching in each 

15 of a plurality of frequency bands is effected by esti- 
mation of the absolute quantity of noise by monitoring 
the amplitude distribution of sound events in each band 
and comparing the absolute quantity of noise in a cur- 
rent frequency band, in which gain is to be adjusted, 

20 with the absolute quantity of noise in a next higher 
frequency band, whereby the gain in the current fre- 
quency band is reduced, if the noise quantity in this 
band exceeds the noise quantity in the next higher band 
by more than a predetermined threshold value. 

25 In US-A-5, 768,473 an adaptive speech filter is 

disclosed, in which frequency components of an informa- 
tion signal from an input signal also containing noise 
is effected by calculation of the total power in each 
frequency component, estimating the power of the infor- 

30 mat ion signal included therein and calculating a modi- 
fied gain for each frequency band as a function of the 
total power, the information signal power estimate and 
a previous estimate of a noise power, the input fre- 
quency component being multiplied by said modified gain 

35 to produce an estimate of the power the frequency com- 
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ponent of the information signal and a new noise power 
estimate being estimated from the previous noise power 
estimate and the difference between the total power in 
the frequency component and the estimate of the power 
5 of the frequency component of the" information signal; 
regardless of whether there is a pause in the informa- 
tion signal. 

In the noise squelching implemented in the prior 
art hearing aid of WO 99/34642 the statistical noise 

10 estimation in each frequency band will result in a 
relatively slow gain reduction, which in case of input 
signals containing speech and noise components having 
comparable sound levels has been observed to reduce the 
perception of speech in certain situations, e.g. when 

15 the hearing aid is used during car driving. 

On this background, it is the object of the inven- 
tion to provide a signal processing method and a signal 
processor for a hearing aid, in which the content of 
speech in an input signal also containing noise is 

20 intensified to improve the perception of speech. 

To meet this object the speech intensification 
method of the invention is characterized by the steps 
of estimating the content of speech signal components 
in said at least one said higher frequency band and 

25 modifying the gain adjustment caused by said background 
noise estimation in at least said one intermediate 
frequency band to reduce said squelching of background 
noise and thereby intensify the content of speech 
signal compo- nents occurring in said one intermediate 

30 frequency band. 

The invention is based on the recognition of the 
fact that the observed reduction in speech intelligi- 
bility referred to above is caused by the effect of 
upward spread or masking of noise, by which noise 

35 typically occurring in the lowest frequency band of the 
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signal processing system is spread upwards to the next 
higher intermediate frequency band, which will normally 
contain frequency components of significant importance 
for speech perception. In result, noise squelching will 
5 be effected not only in the lowest frequency band ha- 
ving the major content of noise, but also in the next 
higher intermediate frequency band. 

By the modification of the gain adjustment in this 
frequency band on the basis of speech components in at 

10 least the highest frequency band, in accordance with 
the invention, an intensification of .the speech content 
in intermediate frequency band is effected, which has 
been observed to provide significant improvement of 
speech perception. 

15 Whereas the estimation of noise and speech signal 

components can be effected by a variety of methods 
known per se, such as disclosed in WO 99/34642, e.g. 
FFT analysis or peak detection, it is preferred for the 
method according to the invention that following said 

20 classification said input signal is subjected to digi- 
tal signal processing in each of said frequency bands 
and said estimations of the quantity of background 
noise and the content of speech signal components are 
effected by percentile estimation. 

25 For the performance of the speech intensification 

method of the invention a signal processor for a 
hearing aid is provided, which comprises means for 
receiving an input signal containing speech signal 
components in the presence of background noise, means 

3 0 for classification of said input signal into at least 
three frequency bands comprising atleast one higher 
frequency band, a lowest frequency band and at least 
one fre- quency band intermediate said higher frequency 
band and said lowest frequency band, variable gain 

35 adjustment means for controlling the gain in each of 
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said frequency bands and means for estimating the level 
of background noise in said lowest frequency band and 
at least one intermediate frequency band and adjusting 
the gain in said lowest and said one intermediate 
5 frequency bands in response to the estimated level of 
background noise to provide squelching of said back- 
ground noise. 

According to the invention, the signal processor 
is characterized in that means is provided for estima- 

10 ting the content of speech signal components in said at 
least one higher frequency band and for modifying the 
gain adjustment caused by said background noise estima- 
tion in at least said one intermediate frequency band 
to reduce said squelching of background noise and 

15 thereby intensify the content of speech signals compo- 
nents occurring in said one intermediate frequency 
band. 

In the following, the invention will be explained 
in further detail with reference to the accompanying 
2 0 drawings, in which 

fig. 1 is an exemplified schematic block diagram 
of a 3 -channel hearing aid signal processor embodying 
the invention; 

figs. 2 and 3 are graphic representations of sound 
25 level as a function of frequency for typical speech and 
noise components of a combined sound input signal re- 
ceived by the signal processor in fig. 1; 

figs. 4 and 5 are graphic representations of fil- 
ter damping/attenuation for an input sound signal com- 
30 posed of the speech and noise components as illustrated 
in fig. 2 and 3 by use of conventional noise squelching 
and by speech intensification according to the inven- 
tion, respectively; 

figs. 6 and 7 are graphic representations of the 
35 effect on the output signal level of the AGC and noise 
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squelching illustrated in figs. 4 and 5, respectively, 
and 

figs, 8 to 10 are graphic resprentations of 
typical amplitude distributions for speech/ noise and 
5 a combination of speech and noise. 

In fig. 1 a 3 -channel hearing aid with digital 
signal processing is shown, in which sound input sig- 
nals received by a microphone 1 are supplied to an A/D 
converter 2, the digital output signal of which is 
10 supplied to a filter bank 3, by which the digital 
signals are distributed in three frequency bands com- 
prising a lowest frequency band, an intermediate 
frequency band and a highest frequency band as denoted 
by the three output lines A, B and C from filter bank 
15 3. 

For each frequency band a separate processing 
channel A, B and C, respectively, is provided. As shown 
in the figure these processing channels A, B and C are 
similar in structure and each includes a series arran- 

20 gement of AGC controlled amplification means 4 and a 
noise reduction or noise squelching block 5 . 

In each channel, the relevant output signal from 
the filter bank 3 is supplied in parallel to speech 
analyzing means 6 and noise analyzing means 7 supplying 

25 output signals to a speech intensification or SIS 
control logic block 8, from which control signals can 
be supplied to the noise squelching block 5 in the 
respective processing channel A, B or C. 

The digitally processed output signal from each of 

30 channels A, B and C is supplied via a summation device 
9 and a D/A or D/D converter 10 to an output sound 
transducer 11 such as a loud speaker. 

From the graphic representation in fig. 2 of the 
amplitude versus frequency relationship for e typical 

35 speech signal it can be seen, that a significant part 
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of the sound energy in the speech signal will be loca- 
ted in the intermediate frequency band B, typically 
ranging from 800 Hz to 2500 Hz, and that also a detec- 
table portion of the sound energy will occur in the 
5 high frequency band C. 

From the graphic representation in fig. 3 of a 
typical frequency spectrum for car noise, as perceived 
by a person inside the car, it is seen on one hand that 
the dominant part of the sound energy will be present 

10 in the lowest frequency band A. 

The graphic representation in fig. 4 illustrates 
the effect on the normal gain control, e.g. by AGC, of 
a hearing aid provided with a conventional noise 
squelching system as explained above and receiving a 

15 sound input signal composed of the speech and noise 
components illustrated in figs. 2 and 3. The three 
columns indicate the increase of filter damping of a 
gain controlling filter in each of the three processing 
channels A, B and C caused by noise squelching compared 

20 to the damping caused by the normal gain control means 
of the hearing aid for a sound input signal containing 
the speech component only, i.e. without any noise 
component. 

As illustrated, practical experience has shown 
25 that in case of a sound input signal containing speech 
as well as noise components, e.g. as illustrated in 
figs 2 and 3, the filter damping will be significantly 
increased not only in the lowest frequency band, where 
the dominant part of the noise energy is present, but 
30 also in the intermediate band, even if the noise energy 
in that band in the sound input signal in many situa- 
tions, like the specific example of car noise, is 
significantly smaller than in the lowest frequency 
band. As explained above, this phenomenon is caused by 
35 an upwards spread or masking effect from the lowest 
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frequency band to the intermediate frequency band and 
results in a significant damping also of speech signal 
components in this band, whereby the perception of 
speech in the output sound signal from transducer 11 
5 will decrease significantly for the majority of hearing 
impaired users. 

By means of the method and signal processor of the 
invention this disadvantage can be substantially redu- 
ced. As shown in fig. 1, each of three processing 

10 channels A, B and C comprises in addition to the noise 
analyzing means 7, as used per se in known noise 
squelching systems, speech analyzing means 6 for 
detection and analyzing of the content of speech in the 
frequency band supplied to the respective processing 

15 channel. 

In view of the normal spectral distribution of 
noise, as illustrated e.g. in fig. 3, it may strictly 
spoken only be of advantage to detect and analyze the 
content of speech in the high frequency band C, but for 

20 obvious structural reasons each of processing channels 
A, B and C, which are normally fully implemented as 
integrated circuits, should be similar in structure. 

The output signals from the speech and noise 
analyzing means 6 and 7 in each of processing channels 

25 A, B and C are supplied to SIS control logic block 8, 
which in response will supply control signals to the 
noise squelching block 5 in the respective processing 
channel A, B or C. 

The operation can be explained as follows. 

30 For a sound input signal comprising speech without 

noise, i. e. typically speech in quiet surroundings, 
neither the noise squelching nor the speech intensifi- 
cation capability of the signal processor will be in 
function and the normal AGC controlled aplification 

35 performance of the hearing aid will remain unaffected. 
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For a sound input signal consisting of noise only 
the noise components will be detected and analyzed by 
noise analyzing means 7 , the output signal of which is 
supplied via SIS control logic 8 directly to the noise 
5 squelching block 5 in the processing channel or chan- 
nels affected by the noise to effect conventional noise 
squelching as known in the art . 

In case of a sound input signal comprising speech 
in the presence of noise as outlined above the detec- 

10 tion of speech in the highest frequency band C will 
cause a modification of the noise squelching in the 
intermediate frequency band B, by which as shown in 
fig, 5 the increase of filter damping is lowered com- 
pared to conventional noise squelching otherwise re- 

15 suiting from the detection of noise. 

Whereas fig. 6 illustrates the effect of conven- 
tional noise squlching as illustrated in fig. 4 on the 
sound output signal from tranducer 11, fig. 7 shows a 
significant speech intensification in the intermediate 

20 frequency band B. 

For a digital hearing signal processor as shown in 
fig. 1 the speech and noise analyzing means 6 and 7 are 
preferebly combined and implemented in an integrated 
structure employing two percentile estimators 12 and 

25 13. Such percentile estimators are known in principle 
from US-A-4, 204, 260 and their use for automaic gain 
control in hearing aids has been disclosed in WO 
95/15668 as well as in WO 99/34642 quoted above, the 
disclosure of which is incorporated herein by refer- 

30 ence. 

For the purpose of the noise squelching and speech 
intensification capability of the method and hearing 
aid signal processor of the present invention the per- 
centiles of percentile estimators 12 and 13 can be ad- 
35 justed to figures between 5 and 40 % and between 60 and 
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95 %, e.g. to 10 % and 90 %, respectively. 

From percentile detectors 12 and 13 output signals 
are supplied to SIS control logic block 8 indicating 
the amplitude levels forming upper limits for 10 % and 
5 90 %, respectively, of the input signal analyzed by 
percentile estimators 12 and 13 within a time window of 
a duration of e.g. 25 seconds. 

As illustrated in the histogram in fig. 8 the 
amplitude distribution of a typical pulse-type speech 

10 signal in a quiet environment covers a wide range of 
amplitude levels corresponding to a relatively large 
separation of the 10 % and 90 % percentiles, whereas 
the amplitude distribution of a typical continuous 
noise signal will as shown in the histogram in figure 

15 9 be confined in a rather narrow range of amplitude 
levels with much smaller separation of the 10 % and 90 
% percentiles. 

For an input signal containing speech in the pre- 
sence of noise the amplitude distribution formed by 

20 overlapping of the histograms in figures 8 and 9 will 
as shown in the histogram in figure 10 form an inter- 
mediate between the two extremes of pure speech and 
pure noise. 

This relationsship can be used in a simple way by 
25 SIS control logic block 8 to effect the control of 
noise squelching block 5 and provide the speech inten- 
sification described above. 

Whereas the invention has been explained in the 
foregoing with reference to a 3 -channel hearng aid in 
3 0 which estimation of the content of speech signal 
components is effected in the highest frequency band, 
this is not limiting for the invention. In the case, 
for instance, of multi-channel hearing aids having more 
than three channels processing signals in a correspon- 
35 ding number of frequency bands the estimation of speech 
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signal components could be effected with the same 
advantage in any higher frequency band or combination 
of bands, for which speech signal components dominate 
over the noise level. 
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PATENT CLAIMS 

1. A method for intensification of speech signals 
components in a hearing aid input signal including 
background noise, comprising the steps of classifying 

5 said input signal into at least three frequency bands 
comprising at least one higher frequency band, a lowest 
frequency band and at least one frequency band inter- 
mediate said higher frequency band and said lowest 
frequency band, estimating the level of background 

10 noise in said lowest frequency band and at least one 
intermediate frequency band and adjusting the gain in 
said lowest and said one intermediate frequency bands 
in response to the estimated level of background noise 
to provide squelching of said background noise, c h a - 

15racterized by the steps of estimating the 
content of speech signal components in said at least 
one higher frequency band and modifying the gain 
adjustment caused by said background noise estimation 
in at least said one intermediate fre- quency band to 

20 reduce said squelching of background noise and thereby 
intensify the content of speech signals components 
occurring in said one intermediate frequency band. 

2. A method as claimed in claim 1, charac- 
terized in that following said classification 

25 said input signal is subjected to digital signal 
processing in each of said frequency bands and said 
estimations of the level of background noise and the 
content of speech signal components are effected by 
percentile estimation. 

30 3. A signal processor for a hearing aid, compri- 

sing means (1) for receiving an input signal containing 
speech signal components in the presence of background 
noise, means (3) for classification of said input 
signal into at least three frequency bands comprising 

35 at least one higher frequency band (C) , a lowest 
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frequency band (A) and at least one frequency band (B) 
intermediate said higher frequency band and said lowest 
frequency band, variable gain adjustment means (4) for 
controlling the gain in each of said frequency bands 
5 and means (5, 7) for estimating the level of background 
noise in said lowest fre- quency band and at least one 
intermediate frequency band and adjusting the gain in 
said lowest and said one intermediate frequency bands 
in response to the estima- ted level of background 

10 noise to provide squelching of said background noise, 
characterized in that means (6, 8) is 
provided for estimating the content of speech signal 
components in said at least one higher frequency band 
and for modifying the gain adjustment caused by said 

15 background noise estimation in at least said one 
intermediate frequency band to reduce said squelching 
of background noise and thereby intensify the content 
of speech signal components occurring in said one 
intermediate frequency band. 

20 4. A hearing aid signal processor as claimed in 

claim 3, characterized in that said 
estimation means comprises percentile estimator means 
(12, 13) for estimation of the level of background 
noise and the content of speech signal components. 

25 
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